Abstract: A recent experiment showed that coherent long-range acoustic communication is feasible in deep water over a $550 km range between a source towed slowly at $75 m depth and a horizontal line array towed at 3.5 knots at $200 m depth. This letter further demonstrates that diversity combining mitigates channel fading and increases the output signal-to-noise ratio. Using sparse channel-estimate-based equalization, three transmissions are combined successfully to decode a 40 Hz bandwidth (230-270 Hz) 8 phase-shift-keying communication signal, achieving an effective data rate of 17 bits/s at $550 km range.
Introduction
Over the last two decades research activities in underwater acoustic communications 1 predominantly have been in shallow water with a few notable exceptions. In 1991, Stojanovic et al. 2 conducted a phase-coherent communication experiment in deep water off the California coast using a 1 kHz carrier and achieved 1000 bits/s using two hydrophones at 200 km range. Two other experiments conducted in the Mediterranean Sea 3,4 obtained signaling rates of 200 and 400 bits/s at 50 km range using a 1.7 kHz carrier and several hydrophones. Recently, Shimura et al. 5 demonstrated 50 and 100 bits/s at 300 km range using passive time reversal communications with a 100 Hz bandwidth (450-550 Hz) and a 20-element vertical array. Separately, analysis of archival data collected during tomography experiments has suggested that phase-coherent communication is feasible at a basin-scale range (e.g., $3250 km). 6, 7 By treating the tomography signal (m-sequence) as a binary-phase shift-keying (BPSK) communication signal, an information rate of 37.5 bits/s was achieved at a 75 Hz carrier frequency using a 20-element vertical array.
In September 2010 a long-range acoustic communication (LRAC10) experiment was carried out in deep water off the Southern California Coast. 8 In contrast with previous communications/tomography experiments where the source and receiver typically are moored at around the sound channel axis (e.g., 700 m), the LRAC10 experiment involved a shallow source towed slowly at $75 m depth and a horizontal line array towed at 3.5 knots at $200 m depth. Due to the modest source level ($172 dB), beamforming of the received data was crucial to providing adequate SNR for acoustic communication. Initial analysis of the LRAC10 data demonstrated an information rate of 50 bits/s at $550 km range using a 100 Hz bandwidth (200-300 Hz) and QPSK modulation along with half-rate error-correction coding.
This letter demonstrates that diversity combining can be further exploited to mitigate channel fading of a single reception alone and increase the output signal-tonoise ratio (SNR) at the expense of data rate by repeated transmissions. 9 To achieve this goal, a multichannel decision-feedback equalizer (DFE) based on sparse channel estimation as proposed in Sec. 3 is applied to reduce computational complexity and improve the performance. Specifically, three transmissions are combined successfully to decode a 40 Hz bandwidth (230-270 Hz) 8-PSK (phase-shift-keying) communication signal, achieving an effective data rate of 17 bits/s at $550 km range.
LRAC10 experiment
The LRAC10 experiment 8 was conducted 8-20 September 2010 in deep water off the Southern California Coast as depicted in Fig. 1 . The source ship (R/V New Horizon) towed a J15-3 source at a speed of 2-3 knots around the region centered on 34 N, 129 W. The source level was estimated $172 dB lPa @ 1 m at the 75 m source depth. The receiving array ship (R/V Melville) towed a horizontal line array (the Five Octave Research Array or FORA 10 ) mostly at 3.5 knots between the source and California continental shelf at ranges from 100 km to 700 km. The FORA was deployed to a depth of $200 m. Analysis and modeling based on the measured sound speed profile predicted the existence of distinct convergence zones (CZ) at $50 km intervals out to $300 km that subsequently smear out with an increase in range. In consideration of this and the relatively low power of the source being used ($172 dB), a 550 km range was selected as the main operating area for exploring long-range acoustic communication as indicated by the box in Fig. 1 .
A detailed ship track for 2 days (JD258-259) is illustrated where the FORA was towed in a north-south track in order to put the source approximately broadside to the towed array and well-separated from the endfire towship (R/V Melville) noise. Note that the longer (left side) and shorter (right side) legs of the north-south track were 15 and 12 miles long, respectively, with 1 mile separation between the legs. The three transmissions marked by numbers (1, 2, and 3) will be processed individually and then combined to take advantage of diversity in Sec. 4. , spatial aliasing is not a concern for a source approximately broadside to the towed array, which indeed was the motivation for the north-south track.
Sparse channel-estimate-based equalization
and a symbol rate of R ¼ 20 symbols/s. Due to the source level being modest (the actual source level at 75 m depth is $172 dB), beamforming of the received data was critical to provide adequate SNR for acoustic communications. 8 Analysis of acoustic propagation in deep water 11 identified two distinct groups of propagation paths using a simple ray theory, depending on the emission angle at the source /: (1) low-angle refracted rays (|/| 7 ) and 2 high-angle surface-bounce rays (7 < |/| 12 ). Group (1) rays contributed to the formation of convergence zones (CZ) with $50 km intervals as discussed in Sec. 2. On the other hand, group (2) ray paths that interact with the sea surface ensonified the otherwise shadow region between convergence zones and these rays travel faster than the group (1) rays with a large cycle distance passing through a higher sound speed region. At longer ranges (i.e., > 500 km), however, it is found that both groups can contribute to the field at 200 m depth.
An example of the channel impulse response (CIR) based on a matching pursuit (MP) algorithm developed for sparse channel estimation 12 is shown in Fig. 2 (a) for transmission 1 (JD2580100) after beamforming. The early weak and later strong arrivals correspond to group (2) and (1) rays, respectively, resulting in a large delay spread of about 700 ms for a symbol period of T ¼ 1/R ¼ 50 ms. On the horizontal axis, the CIR is fractionally sampled (i.e., two samples per symbol, T/2) since a T/2-spaced DFE will be employed below. Although not shown here, the CIR for transmission 2 is similar to transmission 1 with two distinct groups of arrivals whereas transmission 3 contains group (1) arrivals alone.
To address the sparse nature of underwater channels, variants of the decisionfeedback equalizer (DFE) based on channel estimation have been discussed in Ref. 13 in an attempt to reduce computational complexity and improve performance. The basic idea is to design a receiver that uses only the significant channel components by tracking the channel explicitly so that the composite time spans of those components can be much shorter than the overall delay spread. Similarly, assuming that the channel is slowly varying during the entire data packet (3 min) and the arrival structure remains approximately the same (i.e., the arrivals occupy the same taps), we propose a sparse channel-estimate-based DFE as follows:
(1) Estimate the channel h[n] based on a MP algorithm using N T training symbols. (4) Apply an adaptive DFE using a recursive least squares (RLS) algorithm 14 with a second-order phase locked loop (PLL) while keeping only those taps identified in Step 3. Note that the feedforward and feedback filters derived in Step 2 are used only for identifying the positions of significant components in Step 3 and subsequently an adaptive DFE is implemented directly in Step 4 using an RLS algorithm by keeping only those taps identified in Step 3. The anti-causal feedforward filter h ff [n] is shown in Fig. 2(b) corresponding to the channel h[n] in Fig. 2(a) . For comparison purposes, a time-reversed version h ff [-n] is displayed. Although the significant feedforward taps generally match the significant taps of the estimated sparse channel, additional significant taps (i.e., 62-65) are identified that are located at approximately the same distance between the two main arrivals in Fig. 2(a) .
Diversity combining
Using the approach proposed in Sec. 3, the performance of 8-PSK communications for three individual transmissions (marked by 1-3 in Fig. 1 ) is shown as a scatter plot in Fig. 3: Fig. 3(a) JD2580100, Fig. 3 (b) JD2590600, and Fig. 3(c) JD2590900. The output/input SNRs are 8/8.7 dB, 8.9/10.2 dB, and 8/9.8 dB, respectively and the compensated Doppler shift is shown in the lower right corner. Note that both Fig. 3 (a) and 3(c) are processed only up to the first N ¼ 1200 symbols (1 min) due to channel fading (low SNR), rather than the entire number of symbols N ¼ 3452. Considering that N T ¼ 500 training symbols are used for sparse channel estimation in Fig. 3(a) , the overhead is costly. Recall that both Fig. 3(a) and 3(b) exhibit two distinct groups of arrivals as illustrated in Fig. 2(a) , but only the later CZ arrivals are captured in Fig. 3(c) . It should be mentioned that an adaptive DFE when directly applied to sparse channels of Fig. 3(a) and 3(b) with a threshold applied to the weights results in performance degradation of 1-2 dB as compared to the proposed approach in Sec. 3.
Finally, the performance enhancement due to multichannel (three) diversity combining is evident in Fig. 3(d) with an (uncoded) bit error rate of 0.2%. A phasetracking result also is shown in Fig. 3(e) . The output SNR is increased to 13.5 dB from the individual 8-9 dB by approximately 10 Â log(3) ¼ 5 dB. Furthermore, the entire 3 min long communication sequence is processed, confirming the mitigation of channel fading by diversity combining. To extend the proposed approach to multiple channels, the significant taps of the individual feedforward filters identified from Step 3 are carried over to the multichannel DFE while the common feedback taps are selected from the intersection of the two sparse feedback filters, Figs. 3(a) and 3(b) . As a result, the total number of feedforward and feedback filter taps employed is 55 and 2, respectively, with an RLS forgetting factor of k ¼ 0.996. With the symbol rate of R ¼ 20 symbols/s and N T ¼ 500 training symbols, the effective data rate after diversity combining is 17 bits/s.
